Monolithic Class-D audio amplifiers typically feature built-in overcurrent protection circuitry that shuts down the amplifier in case of a short circuit on the output speaker terminals. To minimize cost, the threshold at which the device shuts down must be set just above the maximum current that can flow in the loudspeaker during normal operation. The current required is determined by the complex loudspeaker impedance and properties of the music signals played. This work presents a statistical analysis of peak output currents when playing music on typical loudspeakers for home entertainment.
Introduction
A simplified schematic of a class D audio amplifier system is shown in Figure 1 . The audio input signal (analog or digital) is converted to a logic-level pulse width modulated (PWM) signal by a modulator (not shown), and level shifted to produce the gate signals for the switches. The two output stage switches are turned on alternately, reproducing the PWM waveform at the switching node VAMP. The demodulation LC filter then removes the switching frequency components of the PWM signal, leaving only the audio signal on the output node Vsp. The overcurrent protection circuit measures the output current 'AMP during operation, either by measuring the voltage across the output switch that conducts the current [1] , or otherwise. In a monolithic Class D amplifier design, the output stage switches take up a major fraction of the total die area, and thus the cost of build. Deternination of the minimum overcurrent threshold that will not interfere with nornal operation, i.e. playing music into the loudspeaker, is necessary to minimize the size of the output switches.
Previous papers have dealt with the topic of finding the maximum possible current in a loudspeaker, caused by any signal limited in magnitude to the supply voltage VB [3] , [4] . These papers are from the Class AB amplifier era, and the output current from the amplifier is considered equal to the current in the loudspeaker. As shown in Figure 1 Figure 2 : Derivation of the voltage waveform that will produce the maximum possible peak current in a loudspeaker. The amplitude of sign(y(t)) is arbitrarily set to 0.05 to fit in the figure. y(t) is the current impulse response, i.e. the current waveform the would flow in the loudspeaker in response to an impulse voltage of unit area. The current in the loudspeaker when driven by any voltage waveform v(t) can be found by convolution of v(t) with the current impulse response, i.e. Isp(t) = Vsp(t) * y(t) (1) sign(y(t)) plotted in Figure 2 illustrates why Vsp(t)=VB sign(y(-t)) is the voltage waveform that will produce the maximum possible convolution integral with y(t), and thus the maximum peak current Isp(t), when applied to the loudspeaker. The time inversion in y(-t) occurs because of the time inversion inherent to convolution.
Since an on-chip overcurrent protection system like the one shown in Figure 1 has no access to the actual loudspeaker current Isp(t), the current limit is instead enforced on the amplifier output current IAMp(t). To calculate the maximum possible current IAMp(t), rather than Isp(t), the calculation must be based not just on Zsp(f) alone, but on the total impedance of output filter and loudspeaker, as seen from the switching output terminal VAMP on the amplifier. Referring to the components in Figure 1 , the load impedance at this point (2) and ROUT is the total output impedance of the amplifier at the loudspeaker terminals. Figure 2 , y(t) is only defined in discrete time, due to the finite frequency range of the impedance measurement Zsp(f), from which it is found. The sampling interval is determined by the frequency range of Zsp(f), and if the measurement frequency limit is set to 22050Hz, the sampling frequency will be 44 10OHz, which is the sampling frequency of audio CDs. The worst case current excitation signal sign(y(-t)) can then be written onto an audio CD at maximum signal level, and played on the loudspeaker to verify the worst case current by measurement. This has been done for 4 different loudspeakers, and the results are shown in Figure 3 . The loudspeakers selected are not particularly high-end, but represent those typically shipped with mediumpowered home theatre solutions, since this is the primary market space for monolithic Class D amplifiers. The checkered bars are measured peak currents when playing the sign(y(-t)) functions from the CD on each respective loudspeaker. into account, all 32 audio tracks would produce a current of VB/(8+0.5)= 0.12A/VB into an 8 ohm resistor, as indicated by the line "Nominal imp (8 ohms)". This shows that 94%0 of randomly selected audio tracks will produce a larger peak current into the KEF 2-way speaker than into an 8 ohm resistor. Similarly, 15% of randomly selected tracks will produce larger peak current than a load resistor with the same value as the minimum impedance of the loudspeaker, which is 3.3 ohms at 350Hz. The "Worst case" line indicates the maximum possible current from Figure The results so far are based on playing music at full volume, but without overdrive (clipping). Most amplifier ' Full volume is defined such that an all-zero digital code on the CD produces a no-load amplifier output voltage of _VB V, and an all-one digital code +VB V. products have the feature of applying gain to the audio input signal (analog or digital), with signal clipping as a result. In some end user products as much as 30dB gain can be applied to a digital input signal which may already utilize the full digital headroom. Though this results in severe distortion and very low audio fidelity, the situation is technically within normal operation of the amplifier, and must be accounted for in design. Calculation of peak currents that occur when playing 30dB overdriven audio into the KEF 2-way speaker has been made simply by applying 30dB gain to the 32 audio tracks (still constrained by the range of the digital code), and then convoluting the result by the current impulse response y(t). The resulting distribution of peak currents is shown by the curve "Music, gain=30dB" in Figure 4 . The peak currents are now much higher, which is not surprising from the intuitive point of view that a heavily clipped audio signal bears stronger resemblance with the worst-case signal shown in Figure 2 , than an unclipped signal does. For designs where a very low rate of system drop-outs is required, the probability that a given output current will be exceeded at least once per n (rather than 1) audio tracks can be found simply by Pn {ISP,PEAK > I = 1-{I} where 4D(I) is the cumulative normal distribution with mean pt and standard deviation a. This probability function is plotted below for n=100 and OdB vs. 30dB gain, based on the same data as It is seen that when playing back 100 audio tracks into this loudspeaker, the probability that current will at some point exceed that of a load resistor with the same value as the minimum loudspeaker impedance (3.3 ohms) driven by the same signal, is almost 1. This contradicts measured results in [4] , where this is claimed not to have happened for hundreds of hours of music played on 7 different loudspeakers. It is also seen that the probability of the output current exceeding 0.4A/VB is very small (unless the signal is clipped). Setting the overcurrent threshold at this level would thus result in very infrequent drop-outs. For a
The above analysis can readily be applied to any given amplifier with any given loudspeaker. This is useful for systems where the loudspeakers are sold bundled with the amplifier, as is common for lower-power amplifiers that employ monolithic Class-D output stages. For higher power solutions, where amplifier and loudspeakers are typically sold separately, a number of loudspeakers that represent those typically used with an amplifier can be analyzed. It is worth noting that higher power multidriver loudspeakers will tend to cause higher peak currents (even for the same nominal impedance) due to the higher complexity of the crossover networks [3] .
Summary
A method for calculating maximum peak currents for given combinations of amplifiers and loudspeakers has been presented. The basic approach has been described in earlier papers, but the effects of amplifier output resistance and the LC output filters used in Class D amplifiers have been included in calculations here. It has been shown that these additions are necessary to obtain results of useful accuracy for Class D amplifier systems.
Since it is not always realistic to design low cost amplifier systems for the absolute worst case current, a statistical analysis of peak currents during normal music playing has been added. The results for a single loudspeaker chosen for this analysis contradict those of [4] , since it is shown that the output current will frequently exceed that of a resistor with the same value as the minimum impedance of the loudspeaker, driven by the same signal. Finally, it is shown that overdriving the audio signal increases the peak currents significantly.
6.
